Abstract. In this paper, a speaker segmentation method based on log-likelihood ratio score (LLRS) over universal background model (UBM) and a speaker clustering method based on difference of log-likelihood scores between two speaker models are proposed. During the segmentation process, the LLRS between two adjacent speech segments over UBM is used as a distance measure，while during the clustering process，the difference of log-likelihood scores between two speaker models is used as a speaker classification criterion. A complete system for NIST 2002 2-speaker task is presented using the methods mentioned above. Experimental results on NIST 2002 Switchboard Cellular speaker segmentation corpus, 1-speaker evaluation corpus and 2-speaker evaluation corpus show the potentiality of the proposed algorithms.
Introduction
In real-world speaker verification tasks over telephone, there is an increasing demand that speaker verification systems can verify one specific speaker whether in a conversation or not. One of the solutions to this demand is speaker segmentation and clustering. The aim of speaker segmentation and clustering is to segment an Nspeakers' conversation into speech segments containing the voice of only one speaker (segmentation process) and to merge those speech segments belonging to a same speaker into one speech segment (clustering process). After speaker segmentation and clustering, a multi-speaker verification task can be simplified into several N singlespeaker verification tasks. Generally, no a priori information is available on the number and identity of speakers involved in the conversation.
Previous researches have focused on two directions, distance based and model based. The former does not require any a priori information, but it is difficult to accurately describe the characteristics of a speaker with short speech segments which often occur in conversations over telephone and hence will result in a dissatisfactory performance during the clustering process. Methods in this direction include Bayesian
The latter can achieve a satisfactory result by building a model for each speaker in the audio recording and then using a global maximum likelihood score to find the best time-aligned speaker sequence (usually by using Viterbi algorithm). One of the difficulties in model based method is how to accurately build initial speaker models. The model based systems include LIA [9] , ELISA [10], [11] , etc.
Usually, there are many short speech segments in conversations over telephone. Distance based segmentation criteria, such as BIC, have some difficulties in dealing with them [8] . The reason is that it is difficult to estimate the characteristics of a speaker with short speech segment. Model based segmentation can well deal with this issue, however, they need a priori knowledge of speakers in the conversation. In order to well describe the characteristics of short speech segments, in this paper, UBM is used as a priori knowledge of speakers during segmentation process. Given two adjacent short speech segments belonging to a same speaker, the log-likelihood ratio score (LLRS) of them over UBM is small, and vice versa. So LLRS over UBM is used as a distance measure for speaker segmentation.
After segmentation, a conversation is divided into several speech segments. But the identity of each speech segment and the number of speakers are unknown. Because most conversations over telephone each contain only two speakers, the number of speakers in a conversation is set to 2 in this paper. Conventional speaker clustering methods mainly focus on finding out the closest speech segments while in this paper a method based on the difference of log-likelihood score between two speaker models is proposed to identify one speech segment as speaker A if it is the farthest one from speaker B. Over the NIST 2002 2-speaker segmentation Switchboard set, a system integrated with the proposed method can achieve a frame error rate of 6.8%, which will be detailed later. This paper is organized as follows. The speaker segmentation based on LLRS will be presented in Section 2, and the proposed speaker clustering method will be described in Section 3. In Section 4, experiments and results will be described. Finally, conclusions and perspectives will be given in Section 5.
Speaker Segmentation Based on LLRS over UBM
In this paper, a simple segmentation criterion based on LLRS over UBM is used. First, acoustic features are extracted from the input speech. Then the acoustic features are divided into several decision windows by a sliding window with a 2-second width and a 0.1-second shift. In each decision window, the acoustic features are divided into two parts X 1 =(x 1 , x 2 , ..., x i ) and X 2 =(x i+1 , x i+2 , ..., x N ); and LLRS (i) between them is defined as
where i was set to the half position of the decision window. Because there may be some silence or noise in one decision window, the log-likelihood score of a speech frame over UBM is used as a measure to decide whether current frame is a speech frame or a non-speech frame. The bigger the log-likelihood score, the more likely current frame is a speech frame. A similar process is proposed in [12] which used the
